Abstract: This letter describes a ray-based blind deconvolution technique for ocean sound channels that produces broadband estimates of the sourceto-array impulse response and the original source waveform from arraymeasured signals corrupted by (unknown) multipath propagation. The technique merely requires elementary knowledge of array geometry and sound speed at the array location. It is based on identifying a ray arrival direction to separate source waveform and acoustic-propagation phase contributions to the received signals. This technique successfully decoded underwater telecommunication sequences in the bandwidth 3-4 kHz that were broadcast 4 km in a 120-m-deep ocean sound channel without a-priori knowledge of sound channel characteristics.
Introduction
A signal that travels through an ocean sound channel is typically distorted when recorded by a remote hydrophone array because of interference arising from multiple propagation paths. Estimating both the source signal and the propagation characteristics (i.e., the Green's function or impulse response of the source-array geometry for a given ocean environment) from the array recordings alone-a process commonly referred to as blind deconvolution-is generally an ill-posed problem without any additional a-priori information or assumptions. This paper presents a simple and robust means to achieve blind deconvolution by extracting an acoustic ray arrival from the array measurements, using only a-priori knowledge of the sound speed profile at the array location. This ray-based blind deconvolution technique is an extension of the modebased formulation (see Sabra and Dowling 2004 ), but here is applied to decoding of highfrequency (3-4 kHz) underwater telecommunication sequences recorded in shallow water on a vertical line array (VLA) (see Fig. 1 ).
Theoretical formulation of ray-based blind deconvolution
The mathematical formulation of the proposed ray-based blind deconvolution technique follows the prior mode-based formulation in Sabra and Dowling (2004) for the case of a point a͒ Author to whom correspondence should be addressed.
source located at r ជ s which emits a signal s͑t͒ having a Fourier transform S ͑͒ = ͉S ͉͑͒e i⌽ s ͑͒ , where ⌽ s ͑͒ is the source-signal's phase. The Fourier transform of the signal p j ͑t͒ recorded by the jth element located at r ជ j is given by
where G ͑r ជ j , r ជ s , ͒ is the Fourier transform of the sound channel's impulse response (timedomain Green's function) between the source and jth element of the receiver array ͑1 Յ j Յ N͒.
The goal of the ray-based deconvolution technique is to compute estimates, G e ͑r ជ j , r ជ s , ͒ and S e ͑͒, of the actual Fourier transform of the Green's function G ͑r ជ j , r ជ s , ͒ and the actual signal S ͑͒, respectively, from P j ͑͒ only. For high-frequency recordings where the ray theory is applicable, incoming wavefronts associated with a specific arrival angle can be isolated at the output of a time-delaybeamformer B͑ ; ; N͒ using N elements of the VLA:
where the time-delay ͑ , r ជ j ͒ at the jth array element can be computed from plane-wave or more sophisticated beamforming, and T͑͒ is approximately constant with respect to frequency and depends on the ray-travel time between the source and the receive array (Jensen et al., 2000) . For the case of a vertical line array in shallow water (see Fig. 1 ) with elements located at a depth z j and range R from the source ͑r ជ j = ͓R , z j ͔͒, the time delays ͑ , r ជ j ͒ can be selected in accordance with ray group velocities to account for the curvature of the incoming wavefronts such that (Dzieciuch et al., 2001; Roux et al., 2008) 
where c 0 is defined as the minimum of the depth-dependent sound speed profile c͑z͒ occurring at a depth z 0 . Note that ͑ , r ជ j ͒ calculated from Eq. (3) does not require knowledge of the range R. This ray-based deconvolution technique uses the phase ͑ ; ; N͒ = arg͑B͑ ; ; N͒͒ = T͑ ; N͒ + ⌽ s ͑͒ of B͑ ; ; N͒ from Eq. (2) to phase-rotate the recorded data vector P j ͑͒ 1 Յ j Յ N to remove its dependency on the unknown phase of the broadcast signal ⌽ s ͑͒ such that G e ͑r ជ j ,r ជ s ,;;N͒ = P j ͑͒exp͕− i͑;;N͖͒ = ͉S ͉͑͒G ͑r ជ j ,r ជ s ,͒exp͕iT͑;N͖͒. ͑4͒
The resulting rotated array measurements, denoted G e ͑r ជ j , r ជ s , ; ; N͒, provide an estimate of the Green's function, up to a linear frequency shift T͑ ; N͒, which is equivalent to a time-shift T͑ ; N͒ in the time-domain, and an amplitude shading term ͉S ͉͑͒ which may have minimal influence in the case of a (spectrally flat) broadband signal. Indeed for most underwater applications relying on the spatial coherence of the received signals across the receive array (e.g., telecommunications, source localization, and detection), obtaining an accurate estimate of the phase of G ͑r ជ j , r ជ s , ͒ is of primary interest; amplitude estimation is typically not as crucial.
Application to underwater communication
An underwater telecommunication experiment (FAF-05) was conducted in July 2005 north of Elba Island, Italy with the same hardware and geometry as described in previous studies (Song et al., 2007; Roux et al., 2008) . As shown in Fig. 1(a) , the source was located at a depth of 95 m, 4.071 km away from a VLA of 32 elements (2 m spacing) with an aperture of 62 m (from 48 to 110 m depth). The communication sequence consisted of successively [see Fig. 1(c) ] (1) a probe pulse [here a 150 ms linear frequency modulated (LFM) waveform from 2.5 to 4.5 kHz with a Hanning window], (2) a guard time of 150 ms (allowing the multipath to clear), and (3) a 9.4-s-long quadrature phase shift keying (QPSK) sequence of 4700 symbols (i.e., a rate of 500 symbols/s) where the basis symbol was a replica of the LFM probe. The recorded sequence on the VLA was matched filtered with the original LFM signal which yielded a gain of over 40 dB [see Fig. 1(c) ]. Note that the autocorrelation of the original LFM pulse is embedded into the measured time-domain Green's functions G͑r ជ j , r ជ s , t͒ between the source and the VLA elements [see Fig. 1(b) ] (Song et al., 2007) .
The measured Green's functions G͑r ជ j , r ជ s , t͒ reveal a complex wavefront-arrival structure with mixed reflected and refracted rays and significant multipath (over 30 ms) due to the specific nature of the sound speed profile at this site (see Roux et al., 2008 for further physical description). Figure 2 (dotted line) displays the averaged energy output ͐ 1 2 ͉B͑ ; ; N͉͒ 2 d ( 1 /2 = 2.5 kHz and 2 /2 = 4.5 kHz) of the time-delay beamformer B͑ ; ; N͒ in Eq. (2) applied to the whole recorded QPSK sequence when using various sub-apertures of the VLA from N =32 to N = 8 elements. The time delays ͑ , r ជ j ͒ were computed from Eq. (3) using the measured depth-dependent sound speed profile c͑z͒ shown in Fig. 1(a) . Clear wavefronts can be identified at incoming angles around = −0.9°, 1.8°, and 4.1°(see dashed lines in Fig. 2 for each sub-aperture of the VLA), and good agreement is obtained with the reference time-delay beamformer output (plain line) applied to the Green's function measured directly from the probe pulse [see Fig. 1(b) ]. Figure 3 shows the estimated time-domain Green's function G e ͑r ជ j , r ជ s , t ; ͒, computed by inverse Fourier transform of Eq. (4), using only the 9.4-s-long QPSK communication sequence and not the initial probe pulse. The phase of the time-delay beamformer ͑ ; , N͒ from Eq. (2) was used as a phase correction factor across frequencies [see Eq. (4)] for two different incoming angles identified from the beamformer output (see Fig. 2 Fig. 3 . ͑Color online͒ Logarithm of the intensity of the estimated channel impulse responses obtained by ray-based deconvolution of the transmitted QPSK communication sequence using Eq. ͑4͒. The intensity is plotted as a color image for depth and arrival time ͓see Fig. 1͑b͒ for comparison with the measured probe source signal͔. The ray-based deconvolution was performed using either the whole VLA aperture ͑N =32͒ for arrival angles ͑a͒ = −0.9°and ͑b͒ = 4.1°or a shorter sub-aperture composed of the eight deepest VLA receivers ͑N =8͒ for the arrival angles ͑c͒ = −0.75°and ͑d͒ = 4.1°͑see Fig. 2͒ . cific wavefront associated with the arrival angle in all cases investigated. Furthermore, as expected, better matches typically occurred when a stable ray arrival was used to compute the phase correction ͑ ; ; N͒, especially when only a short VLA sub-aperture was used for beamforming (e.g., N = 8), which is seen by comparing Fig. 3 (c) for = −0.75°with Fig. 3(d 
Finally, the quality of the Green's function estimates G e ͑r ជ j , r ជ s , t ; , N͒ was further quantified by using them for passive time-reversal (or passive phase conjugation, Dowling, 1994) of the received signal P j ͑t͒ in order to construct an estimate, S E ͑t ; ͒, of the broadcast QPSK sequence S͑t͒:
where M = 8 is the number of lowest VLA elements actually used for passive time-reversal, regardless of the number of VLA elements N (e.g., 32 or 8) used to compute the Green's function estimates G e ͑r ជ j , r ជ s , t ; ; N͒. The term in the right bracket, denoted Q E ͑t ; ; N͒, corresponds to the q function representing the summation of the cross-correlations between the measured and estimated Green's function G e ͑r ជ j , r ជ s , t ; ; N͒ (Yang, 2003; Song et al., 2007) [see Fig. 4(a) ]. The classical q function Q p ͑t͒ is actually obtained when using the measured Green's function [see Fig. 1(b) ] from the initial probe signal such as Figure  4 (a) illustrates the impulsive nature Q p ͑t͒ which ensures the proper suppression of intersymbol-interference due to multipath and yields ideal decoding of the broadcast QPSK sequence here (0 errors). The impulsive nature of Q E ͑t ; ; N͒ for varying parameters N and is also illustrated in Fig. 4(a) and was further quantified by computing its cross-correlation coefficient with the q function Q p ͑t͒, see Fig. 4(b) . High cross-correlation coefficient ͑Ͼ0.85͒ was achieved when using either a stable low-grazing angle ( = −0.9°or = +1.8°) or a sufficiently large aperture (e.g., N = 32) for the time-delay beamforming so that higher-grazing angle wavefronts Fig. 4 . ͑a͒ Normalized envelope of the summation across all M = 8 deepest receivers located between 100 and 110 m ͓see Eq. ͑5͔͒ of the autocorrelation time-functions of the measured channel impulse response from only the probe source signal, denoted Q P ͑t͒ ͑dotted line͒, and the cross-correlation time-functions between the channel impulse responses measured by the probe source and estimated from ray-based deconvolution ͑Q E ͑t ; ; N͒ ͓see Eq. ͑5͔͒ plain line and dashed line͒ using the respective two set of parameters ͓N = 32, = −0.9°, as in Fig. 3͑a͔͒ or ͓N =8, = 4.1°, as in Fig. 3͑d͔͒ . ͑b͒ Cross-correlation coefficient between the measured Q P ͑t͒ function and estimated Q E ͑t ; ; N͒ for various combinations of the number N of elements composing the VLA sub-aperture and the arrival angle used to estimate the channel impulse responses from ray-based deconvolution. The number of bit errors ͑out of 4700 transmitted symbols͒ obtained when decoding the QPSK communication sequence is also indicated in italic for each configuration. ͑ = ± 4.1°͒ could be unambiguously extracted. Similar decoding performance was obtained using only the lowest four VLA elements ͑M =4͒ for passive time-reversal (not shown here).
Summary and conclusions
The proposed ray-based blind deconvolution technique provides a means to estimate both source waveform and source-to-array impulse responses (or Green's functions) and merely requires elementary knowledge of array geometry and sound speed at the array location. Indeed only a short vertical aperture may be required if only high-frequency data are of interest. Furthermore, when successful, this technique eliminates the need for an initial probe signal and/or training sequence (used for channel estimation) as well as a guard time (used for multipath clearing) which typically precedes telecommunication sequences (Song et al., 2007) .
